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1
BASS ENHANCEMENT SYSTEM

RELATED APPLICATION

This application is a non-provisional of U.S. Provisional
No. 61/580,448, filed Dec. 27, 2011, the disclosure of which
is hereby incorporated by reference in its entirety.

BACKGROUND

The audio and multimedia industries have continually
struggled to overcome the imperfections of reproduced
sound. For example, it is often difficult to adequately repro-
duce low-frequency sounds such as bass. Various conven-
tional approaches to improving the output of low-frequency
sounds include the use of higher quality speakers with greater
cone areas, larger magnets, larger housings, or greater cone
excursion capabilities. In addition, conventional systems
have attempted to reproduce low-frequency sounds with reso-
nant chambers and horns that match the acoustic impedance
of the loudspeaker to the acoustic impedance of free space
surrounding the loudspeaker.

Not all audio systems, however, can simply use more
expensive or more powerful speakers to reproduce low-fre-
quency sounds. For example, some sound systems such as
cell phone speakers and other consumer electronics devices
rely on small loudspeakers. In addition, to conserve costs,
many audio systems use less accurate loudspeakers. Such
loudspeakers typically do not have the capability to properly
reproduce low-frequency sounds and consequently, the
sounds are typically not as robust or enjoyable as systems that
more accurately reproduce low-frequency sounds.

SUMMARY

For purposes of summarizing the disclosure, certain
aspects, advantages and novel features of the inventions have
been described herein. It is to be understood that not neces-
sarily all such advantages may be achieved in accordance
with any particular embodiment of the inventions disclosed
herein. Thus, the inventions disclosed herein may be embod-
ied or carried out in a manner that achieves or optimizes one
advantage or group of advantages as taught herein without
necessarily achieving other advantages as may be taught or
suggested herein.

In certain embodiments, a system for enhancing bass audio
includes a bass enhancer having one or more processors. The
bass enhancer can generate harmonics of one or more bass
frequencies of an input audio signal based at least in part on
available headroom in the input audio signal. In addition, the
system may include an equalizer that can emphasize frequen-
cies in the input audio signal including lowest reproducible
frequencies of a speaker. Further, the system may include a
level adjuster that can adaptively apply a gain to at least a
lower band of frequencies in the input audio signal. This gain
can depend on available headroom in the input audio signal.

The system of the preceding paragraph may also include
any combination of the following features described in this
paragraph, among others described herein. In one embodi-
ment, the bass enhancer can generate the harmonics by at
least: determining available headroom in the input audio sig-
nal, and applying a second gain to approximately half of the
input audio signal. This second gain may be greater than the
available headroom in the input audio signal and thereby
generate harmonics of one or more fundamental bass fre-
quencies in the input audio signal. The bass enhancer may
further include a loudness filter that can emphasize the one or
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2

more bass frequencies relative to other frequencies in the
input audio signal. This loudness filter can apply an inverted
equal loudness curve to the input audio signal. The bass
enhancer can further include an early reflections module that
can filter the input audio signal with a tapped delay line. The
tapped delay line can simulate reverberation reproduced by
bass frequencies. The early reflections module can randomize
one or both of tap delays and coefficients of the tapped delay
line over time. The system may also include a combiner that
can combine output of the bass enhancer with the input audio
signal to produce a combiner output. The combiner can pro-
vide this combiner output to the equalizer. Further, the level
adjuster can also include a high pass shelving filter that can
restore balance to a band of high frequencies in the input
audio signal.

Invarious embodiments, a method for enhancing audio can
include generating, with one or more processors, harmonics
of first frequencies of an input audio signal to produce an
enhanced audio signal, emphasizing second frequencies in
the enhanced audio signal with an equalization filter to pro-
duce an output audio signal, and supplying the output audio
signal to the speaker. The second frequencies can correspond
with a speaker size setting of a speaker, for example, as
described below.

The method of the preceding paragraph may also include
any combination of the following features described in this
paragraph, among others described herein. For instance, the
second frequencies can include at least some of the first
frequencies. The second frequencies can also include a band
of frequencies around the speaker size setting. The first fre-
quencies can include bass frequencies. Generating the har-
monics can include: determining available headroom in the
input audio signal and applying a gain to approximately half
of the input audio signal. The gain may be greater than the
available headroom in the input audio signal, thereby gener-
ating harmonics of one or more fundamental bass frequencies
in the input audio signal. The method may also include filter-
ing the input audio signal with a tapped delay line that can
simulate reverberation reproduced by bass frequencies. The
method may also include randomizing one or both of tap
delays and coefficients of the tapped delay line over time. The
input audio signal can include a downmix of two or more
input signals. The two or more input signals may include two
or more of the following: a left front signal, a right front
signal, a center signal, a left surround signal, and a right
surround signal.

In some embodiments, non-transitory physical electronic
storage can include instructions stored thereon that, when
executed by one or more processors, cause the one or more
processors to implement operations for enhancing bass audio.
These operations can include receiving an input audio signal,
determining available headroom in an input audio signal, and
applying a gain to approximately half ofthe input audio signal
to produce a partially-clipped audio signal. The gain may be
greater than the available headroom in the input audio signal,
thereby generating harmonics of one or more bass frequen-
cies in the input audio signal.

The operations of the preceding paragraph may also
include any combination of the following features described
in this paragraph, among others described herein. For
instance, the operations can further include adding the input
audio signal to the partially-clipped audio signal to produce a
combined audio signal, and emphasizing a band of frequen-
cies in the combined audio signal. The band of frequencies
may be associated with a speaker size setting. The operations
may further include filtering the input audio signal with a
tapped delay line that can simulate reverberation reproduced
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by bass frequencies. The operations may further include ran-
domizing one or both of tap delays and coefficients of the
tapped delay line over time. Further, the non-transitory physi-
cal electronic storage can be in combination with one or more
processors, memory, and/or other computer hardware com-
ponents.

Various embodiments of a system for enhancing bass audio
can include one or more processors that can: access a speaker
size setting input by a user, configure a plurality of bass
enhancement parameters of a bass enhancement based at least
partly on the speaker size setting, and apply the bass enhance-
ment to an audio input signal using the bass enhancement
parameters to enhance bass frequencies of the audio input
signal.

The system of the preceding paragraph may also include
any combination of the following features described in this
paragraph, among others described herein. For instance, the
bass enhancement parameters can include one or more of the
following: a cutoff frequency, a gain, and a bandwidth. The
bass enhancement parameters can also include a cutoff fre-
quency of a low pass filter that can attenuate frequencies
above the speaker size setting. The bass enhancement param-
eters can also include a bandwidth of an equalization filter
that can emphasize a band of frequencies in the audio input
signal.

BRIEF DESCRIPTION OF THE DRAWINGS

Throughout the drawings, reference numbers may be re-
used to indicate correspondence between referenced ele-
ments. The drawings are provided to illustrate embodiments
of the inventions described herein and not to limit the scope
thereof.

FIG. 1 illustrates an embodiment of a bass enhancement
system.

FIG. 2 illustrates an embodiment of a bass enhancer that
can be implemented by the bass enhancement system of FIG.
1.

FIG. 3 illustrates an embodiment of an equalizer that can be
implemented by the bass enhancement system of FIG. 1.

FIG. 4 illustrates an embodiment of a level adjuster that can
be implemented by the bass enhancement system of FIG. 1.

FIG. 5 illustrates example frequency response plots of a
loudness filter.

FIG. 6 illustrates another embodiment of a bass enhance-
ment system.

FIG. 7 illustrates an embodiment of a downmix bass
enhancement system.

FIGS. 8 through 19 depict example output plots associated
with embodiments of any of the bass enhancement systems
described herein.

FIG. 20 depicts example gain curves that can be imple-
mented by any of the bass enhancement systems described
herein.

FIGS. 21A and 21B depict example time domain plots
associated with an early reflections filter.

FIG. 22 depicts an example plot that contrasts parallel
application of two equalization filters with series application
of the same filters.

FIGS. 23 and 24 depict example user interfaces for adjust-
ing settings of any ofthe bass enhancement systems described
herein.

DETAILED DESCRIPTION

Some audio systems attempt to compensate for poor repro-
duction of low-frequency sounds by amplifying the low-fre-
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quency signals prior to inputting the signals into the loud-
speakers. Amplifying the low-frequency signals delivers a
greater amount of energy to the loudspeakers, which in turn,
drives the loudspeakers with greater forces. Such attempts to
amplify the low-frequency signals, however, can result in
overdriving the loudspeakers. Unfortunately, overdriving the
loudspeakers can increase the background noise, introduce
distracting distortions, and damage the loudspeakers.

This disclosure describes embodiments of a bass enhance-
ment system that can provide an enhanced bass effect for
speakers, including relatively small speakers. The bass
enhancement system can apply one or more bass enhance-
ments to an input audio signal. For example, in certain
embodiments, the bass enhancement system can exploit how
the human ear processes overtones and harmonics of low-
frequency sounds to create the perception that non-existent
(or attenuated) low-frequency sounds are being emitted from
a loudspeaker. The bass enhancement system can generate
harmonics of at least some low-frequency fundamental fre-
quencies in one embodiment. Playback of at least some har-
monics of a low-frequency fundamental frequency can cause
a listener to perceive the playback of the low-frequency fun-
damental frequency. Advantageously, in certain embodi-
ments, the bass enhancement system can generate these har-
monics without performing processing-intensive pitch-
detection techniques or the like to identify the fundamental
frequencies.

The bass enhancement systems described herein can be
implemented in any computing device or device with one or
more processors, some examples of which include cell
phones, smart phones, personal digital assistants (PDAs),
tablets, mini-tablet computers, laptop computers, desktop
computers, televisions, digital video recorders (DVRs), set-
top boxes, media servers, audio/visual (A/V) receivers, video
game systems, high-definition disc players (such as Blu-ray®
players), sound bars, and vehicle audio systems, to name a
few.

1. Bass Enhancement System Overview

FIG. 1 illustrates an example embodiment of a bass
enhancement system 100. The bass enhancement system 100
can be used to enhance bass in devices having small speakers
that may not be able to reproduce low frequencies or that
reproduce such frequencies poorly. The bass enhancement
system 100 can also be used in some embodiments to enhance
a bass response reproduced by any speakers, including speak-
ers that are able to reproduce bass frequencies.

The bass enhancement system 100 can be implemented by
electronic or computing hardware, such as one or more pro-
cessors. Examples of such hardware are described below. In
addition, the bass enhancement system 100 can be imple-
mented in software or firmware, in a combination of hardware
and software/firmware. For example, the blocks shown in
FIG. 1 and in subsequent figures can represent software,
firmware, digital or analog hardware, a combination of the
same, or the like.

In the depicted embodiment, the bass enhancement system
100 includes a bass enhancer 110, an equalizer 120, and a
level adjuster 130. An input audio signal is received by the
bass enhancement system 100 and is provided to the bass
enhancer 110 and equalizer 120. This input audio signal can
have one, two, or more channels of audio. For example, the
input audio signal can include a pair of stereo signals, sur-
round sound signals (e.g., 5.1, 6.1, 7.1, etc.), Circle-Surround
encoded audio signals or other matrix-encoded audio, or the
like. The input audio signal can be streaming audio received
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over a network or audio stored on a non-transitory computer-
readable storage medium (such as a CD, DVD, Blu-ray disc,
hard drive, or the like). For ease of illustration, however, the
bass enhancement system 100 will be described primarily in
the context of a single audio signal (for example, a single
channel). Except where otherwise noted, it should be under-
stood that the features described herein can be likewise imple-
mented for multiple channels.

With continued reference to FIG. 1, the input audio signal
received by the bass enhancer 110 is processed to produce a
bass-enhanced audio signal. The bass enhancer 110 can apply
any of a variety of bass enhancements. For example, in certain
embodiments, the bass enhancer 110 can exploit how the
human ear processes overtones and harmonics of low-fre-
quency sounds to create the perception that non-existent (or
attenuated) low-frequency sounds are being emitted from a
loudspeaker. The bass enhancer 110 can generate harmonics
of at least some low-frequency fundamental frequencies in
one embodiment. Playback of at least some harmonics of a
low-frequency fundamental frequency can cause a listener to
perceive the playback of the low-frequency fundamental fre-
quency. Advantageously, as will be described in greater detail
below (see FIG. 2), the bass enhancer 110 can generate these
harmonics without performing processing-intensive pitch-
detection techniques or the like to identify the fundamental
frequencies.

In addition, or instead of performing harmonic generation,
in some embodiments the bass enhancer 110 generates or
simulates early reflections or reverberations of bass frequen-
cies. Such early reflections can simulate actual reflections off
of'a wall made by bass sounds. Playback of the early reflec-
tions can create the perception of deeper or richer bass con-
tent. Early reflections are described in greater detail below
with respect to FIG. 2. Moreover, in addition to or in place of
any of these techniques, the bass enhancer 110 can also
increase the loudness of bass frequencies by applying
inverted loudness curve filters to at least the bass frequencies.

The equalizer 120 also receives the input signal. In some
embodiments, the equalizer 120 emphasizes frequencies in a
region of low frequencies around a speaker’s lower reproduc-
ible limits. Typical speakers (or speakers together with their
enclosure) have a lower cutoff frequency, which is related to
the size of the speaker, below which the speaker does not
produce audible sound (or produces attenuated audio). The
equalizer 120 can emphasize frequencies near this lower cut-
off frequency to thereby increase the perception of bass
enhancement. In some embodiments, this cutoff frequency is
other than a -3 dB cutoff frequency and may be detected
heuristically, as will be described in greater detail below. The
signal path from input to the equalizer 120 to output of the
equalizer 120, or any portion thereof, is sometimes referred to
as a temporal gain path herein.

The equalizer 120 also receives an input from the bass
enhancer 110 in some embodiments. The equalizer 120 can
provide an output which is summed with the output of the
bass enhancer 110 at summing block 112 to produce a com-
bined bass enhanced signal. The output of the summing block
112 is provided to a level adjuster 130 in the depicted embodi-
ment. The level adjuster 130 can adaptively adjust one or
more gains applied to the combined bass enhanced signal
dynamically account for changing headroom in the audio
signal over time, among other factors. For example, the level
adjuster 130 can dynamically compensate, at least in part, for
headroom-related gain manipulations performed by the bass
enhancer 110 and/or equalizer 120 by increasing and/or
reducing gain of the audio signal. The level adjuster is
described in greater detail below with respect to FIG. 4. It
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should be noted that in some embodiments, the bass enhancer
110, equalizer 120, or level adjuster 130 can be omitted from
the bass enhancement system 100 while still providing at least
some of the benefits of the bass enhancement system. Addi-
tional example modifications to the bass enhancement system
100 shown are described below with respect to FIGS. 6 and 7.

FIG. 2 illustrates a more detailed embodiment of the bass
enhancer 110 described above, namely a bass enhancer 210.
The bass enhancer 210 can have some or all the functionality
of the bass enhancer 210 described above as well as the
additional functionality shown. Any subset of the features
shown in FIG. 2 may be included in an embodiment of the
bass enhancer 210. Additional features may also be included
in some embodiments of the bass enhancer 210.

The bass enhancer 210 receives the input audio signal
described above. This input audio signal is provided to a low
pass filter (LPF) 212 in the depicted embodiment. The LPF
212 can pass low frequencies and can attenuate frequencies
above a cutoff frequency (Fc). This cutoff frequency can
depend on the speaker size setting, which can represent the
cutoff frequency of the speaker. However, in other embodi-
ments, the cutoff frequency is user-adjustable and does not
necessarily depend on speaker size. Applying a low pass filter
to the input frequency can facilitate generating harmonics of
low frequency signals rather than mid or high frequency
signals (see block 214, described below). Harmonics in the
mid- and high-frequency ranges can be perceived as
unwanted noise.

In certain embodiments, the speaker size setting can be
related to the actual cutoff frequency of the speaker (or the
speaker’s frequency response), or may actually be the true
cutoff frequency of a speaker. For instance, the speaker size
setting can be the frequency at which the speaker has a -3 dB
or -6 dB response, or a half power response, or the like.
However, the speaker size setting can also be a different
frequency from the cutoff frequency of the speaker itself
because the speaker size setting can be measured with the
speaker installed in its enclosure (such as in a television). The
frequency response of the speaker may be affected by what-
ever cabinet or enclosure the speaker is in, and thus the
speaker size setting can take into account the effects of the
speaker’s enclosure in some embodiments.

The speaker size setting can be measured automatically by
a processor or manually by a field engineer or other audio
professional. A field engineer can heuristically establish a
speaker size setting for a given speaker or set of speakers (e.g.,
in atelevision)using a process such as the following. First, the
field engineer can optionally adjust the bass enhancement
system 100 to provide a maximum or high-level bass
enhancement to facilitate easier listening discrimination of
bass enhancement differences between different speaker size
settings. Thereafter, the field engineer can adjust the speaker
size setting until a balance is achieved between quality of the
bass enhancement and quantity of the bass enhancement. In
some embodiments, the higher the speaker size setting, the
more the bass enhancement volume may increase. However,
a tradeoff is that the quality of the bass enhancement sound
may deteriorate as the speaker size increases. Thus, the field
engineer may set the speaker size until a good balance
between quality and quantity is found. One option for doing
s0 is to start with a low speaker size setting and increase the
speaker size until more bass is heard by the field engineer,
optionally using several different test tracks to evaluate the
bass effect. The field engineer can utilize a user interface such
as the user interfaces described below with respect to FIGS.
23 and 24 to tune the bass enhancement system in the televi-
sion or other device that implements the bass enhancement
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system. In one embodiment, the field engineer can commu-
nicate bass enhancement setting changes to the device imple-
menting the bass enhancement system using the techniques
described in U.S. patent application Ser. No. 13/592,182,
filed Aug. 22, 2012, titled “Audio Adjustment System,” the
disclosure of which is hereby incorporated by reference in its
entirety.

With continued reference to FIG. 2, in the depicted
embodiment, the LPF 212 provides an output signal to a
harmonic generator 214 and also as separate output signal
which may optionally be used by the equalizer 120 (see FIG.
3). In certain embodiments, the harmonic generator 214 gen-
erates harmonics of at least some of the frequencies in the
low-pass filtered signal. The harmonic generator 214 can
advantageously generate these harmonics without using com-
plex algorithms for detecting pitches or fundamental frequen-
cies. In one embodiment, the harmonic generator 214 gener-
ates harmonics by clipping at least a portion of the audio
signal. Unlike some algorithms that clip both positive and
negative rails of the audio signal and then rectify the signal to
generate harmonics, the harmonic generator 214 clips half of
the signal in one embodiment. For instance, the harmonic
generator 214 can clip the positive peaks in the audio signal,
leaving the negative peaks untouched (or clip solely the nega-
tive peaks instead). Clipping only the positive (or only the
negative) peaks can induce both odd and even harmonics,
whereas clipping both positive and negative peaks can result
in odd harmonics only (and rectification is often subsequently
used to create the even harmonics from a fully-clipped sig-
nal). By clipping half the signal and avoiding having to sub-
sequently rectify the signal, less processing is performed in
some instances. In certain embodiments, the fundamental
frequency is retained in the signal.

One advantageous approach to clipping the signal that can
be used by embodiments of the harmonic generator 214 is to
clip the signal based on the available headroom in the signal.
For example, in one embodiment the harmonic generator 214
calculates how much headroom the signal has, applies a cor-
responding gain that is greater than the available headroom to
the positive samples to induce clipping, which creates har-
monics of at least some of the input signal frequencies. The
harmonic generator 214 can then apply an inverse of this gain
to the positive samples to bring the samples back to their
former level (except that now they are clipped). Using avail-
able headroom to determine clipping can be advantageous
because the gain used to produce clipping can be dynamically
adjusted based on available headroom. Thus, the harmonic
generator 214 can still induce clipping regardless of the level
of the input signal, due to this dynamic analysis based on the
available headroom.

The amount of the gain applied to induce clipping may be
a preset amount and/or may be user-defined (e.g., by a field
applications engineer, the manufacturer, an end user, or the
like). In one embodiment, the value of the gain can be chosen
s0 as to attempt to amplify the signal to about 30% greater
than full scale (e.g., about 30% greater than 0 dB). For
example, the harmonic generator 214 may calculate that 10
dB otheadroom is available in the signal (e.g., by determining
that the signal peaks at —10 dB in a given block of samples).
The harmonic generator 214 can then apply about 30% more
gain than the available headroom to the signal, orabout 13 dB,
to induce clipping. Other values for the gain can be chosen,
such as 10% above full scale, 20% above full scale, or some
other value. A user-adjustable control for adjusting this gain
(the “harmonics clip constant™) is described below with
respect to FIG. 24.
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One useful byproduct of this halt-wave clipping approach
to harmonics generation is that the harmonics generator 214
may also generate subharmonics as a side effect of the non-
linear distortion applied via clipping half the signal. These
subharmonics can be generated due to intermodulation of
harmonics being created from multiple tones, resulting in a
richer bass sound.

The output of the harmonic generator 214 is provided to a
loudness filter 216 in the depicted embodiment. The loudness
filter 216 can apply an inverse equal loudness curve filter to
the output of the harmonic generator 214 so as to increase the
loudness of low frequencies in the audio signal. An example
frequency response of such a loudness filter 216 is shown in
FIG. 5. As shown in the figure, the magnitude response of the
filter emphasizes lower frequencies (shown on a normalized
frequency scale) relative to higher frequencies. In fact, in
some embodiments, the loudness filter 216 emphasizes fre-
quencies both below and above the speaker size setting,
including the harmonics and subharmonics generated by the
harmonics generator 214, as well as optionally fundamental
bass frequencies. As described above, frequencies below the
speaker size setting may be irreproducible or reproducible at
attenuated levels by a speaker. Thus, it may be counterintui-
tive to emphasize these frequencies. However, doing so can
obtain at least some additional bass effect in some embodi-
ments. An extended bass control can be exposed as shown for
controlling a gain of the loudness filter 216 by a user (such as
a field applications engineer, the manufacturer, or end user).
The extended bass control can be tuned in one embodiment to
obtain a maximum or largest possible bass gain without
noticeable distortion (or significant noticeable distortion) in
some embodiments. The extended bass control can also be
applied in the equalizer 120, as described in greater detail
below with respect to FIG. 3 to further enhance bass. In
alternative embodiments, the loudness filter 216 can be offset
to emphasize frequencies at, around, or above (e.g., just
above) the speaker size setting.

The inverse equal loudness filter can implement a weight-
ing based on equal loudness curves or approximations
thereto, such as an A-weighting curve, C-weighting curve, or
other equal loudness weighting curve. In one embodiment,
the equal loudness filter 216 is an inverted version of one or
more of the filters described in Recommendation ITU-R
BS.1770-2, “Algorithms to measure audio programme loud-
ness and true-peak audio level,” published March 2011, the
disclosure of which is hereby incorporated by reference in its
entirety. In another embodiment, the loudness filter 216
implements an equal loudness filter (or inverted version
thereof, or weighted curve based on an equal loudness filter)
from any of the example curves or filters described in U.S.
Pat. No. 8,315,398, filed Dec. 19, 2008, titled “SYSTEM
FOR ADJUSTING PERCEIVED LOUDNESS OF AUDIO
SIGNALS,” the disclosure of which is hereby incorporated
by reference in its entirety. In an embodiment, the bass
enhancer 210 sets the magnitude of the loudness filter 216
based on the available headroom and/or based on other char-
acteristics of the device implementing the bass enhancement
system 100, so as to avoid additional clipping.

In a separate processing chain in the depicted embodiment,
the input audio signal is also provided to an early reflections
low pass filter 222 and early reflections module 224. The early
reflections low pass filter (LPF) 222 can have the same cutoff
frequency as the LPF 212. In some embodiments, the LPF
222 could therefore be eliminated, and the output of the LPF
212 can be provided directly to the early reflections module
224. However, the LPF 222 can instead have a different cutoff
frequency in some embodiments, which may or may not
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depend on the speaker size setting. Having a separate LPF 222
can provide flexibility in adjusting bass enhancement perfor-
mance.

The output of the LPF 222 (or LPF 212) is provided to the
early reflections module 224. In certain embodiments, the
early reflections module 224 can process the signal to make
the low frequency signal sound more spacious by emulating
the effect of placing a speaker near a wall as opposed to in the
middle of a room. This spaciousness effect can enhance the
volume or perception of volume in the bass response. The
early reflections module 224 can accomplish this effect by at
least employing a tapped delay line to create one or more
delays in the signal. For example, the tapped delay line can
have one, two, three, four, or more delays. In one embodi-
ment, four delay taps can have a particularly beneficial effect.
The tap coefficients can have unity gain or some gain other
than unity (such as less than unity). Time-domain plots 2100,
2110 showing an impulse function and corresponding early
reflections are shown in time-domain plots of FIGS. 21A and
21B respectively. In the example plot 2110 of FIG. 21B, it
should be noted that the impulse from the plot 2100 of FIG.
21A is reproduced along with four reflections 2112 in time,
which are attenuated and approximately negative versions of
the impulse.

Advantageously, in one embodiment the early reflections
module 224 further enhances the perception of reflections by
at least partially randomizing the tap points and/or tap coef-
ficients (e.g., tap gains). In one embodiment, the tap delays
range in delay from about 2 ms to about 48 ms, and the early
reflections module 224 randomly adjusts these delays over
time. For example, the early reflections module 224 can ran-
domize the tap points (e.g., slowly) over time to simulate the
reflection of the audio signal off of different objects in a room.
The early reflections module 224 can also randomize the taps
and/or coefficients differently with respect to left and right
channels (and/or left and right surround channels) to simulate
different arrival times at a listener’s ears. The early reflections
module 224 can thus simulate the occurrence of bass sound
waves constructively interfering while others are destruc-
tively interfering that often occurs in a listening environment.
Early reflections can also be used with a mono speaker with
the same or similar benefits.

As an example, where the early reflections module 224
implements an early reflections filter having four taps, the
initial tap delays can be as follows (e.g., for each channel): 2
ms (tap 1), 8.33 ms (tap 2), 25 ms (tap 3), and 48 ms (tap 4).
The taps can vary randomly within different ranges. For
instance, tap 1 can vary in the range of about 1 ms to about
3.125ms, tap 2 can vary in the range of about 6.25 ms to about
10.4 ms, tap 3 can vary in the range of about 20.8 ms to about
29.1 ms, and tap 4 can vary in the range of about 45 ms to
about 50 ms. The direction of randomization may also be
random, so that some taps increase in delay while others
decrease in delay.

While the taps may vary randomly in either positive or
negative direction (or stay the same) each time a change to the
taps is made, in some embodiments, some of the taps increase
a random amount each time, while some of the taps decrease
a random amount each time, until a limit (max or min) is
reached. When the taps reach the limits of their ranges (such
as the ranges described above), the next random increase or
decrease can fold in the opposite direction. As an example, let
us consider tap 2: at first it may be set at 8.33 ms. Then it may
start increasing by random amounts (or linear amounts in one
embodiment, as randomization need not be employed) until it
reaches its max (in the example range above, 10.4 ms). Once
it reaches its maximum, the value of the tap can fold. The
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folding point can be set back to the center of the tap range
(about 8.33 ms) and then may start going the opposite direc-
tion until it reaches its minimum. Thus, after reaching a max
01'10.4 ms, tap 2 may reset to about 8.33 ms and then continue
decreasing to about 6.25 ms. Alternatively, the folding point
can be set to the minimum (or maximum) and then start
increasing (or decreasing) again. In addition, the 4 taps can be
initialized to move in opposite directions, so some will be
moving towards their high end and some will be moving
towards their low end.

In one embodiment, the randomization occurs on a block-
by-block basis, so that every block of samples of the audio
signal, the early reflections module 224 changes the tap delay
values and/or tap coefficient values. If the block size is 256
samples at 48 kHz, for example, the early reflections module
224 can randomize the tap delays about every 5.33 ms. How-
ever, the randomization frequency could be lower (e.g., every
other block, every third block, etc.) or higher (e.g., random-
izing multiple times per block of samples). The randomiza-
tion also does not have to follow the block size. In addition,
the randomization frequency itself can vary.

The output of the early reflections module 224 is provided
to a multiplier block in the depicted embodiment, which
multiplies the output by a gain setting “ER Mix.” The ER Mix
can be an early reflections mix set by a user (e.g., listener or
field engineer) or system-defined, which can control the
amount of early reflections combined with the output of the
loudness filter 216. A corresponding 1-ER Mix gain value is
applied to the output of the loudness filter 216 in the depicted
embodiment, and this output is combined with the output of
the gain-multiplied early reflections output at summing block
232. The ER Mix and 1-ER Mix gain values can be used to
control the wet/dry mix in the output audio. More reverbera-
tion from early reflections (e.g., wet sound) can be selected
with a higher ER Mix gain, while more of the less-reverberant
signal (e.g., dry sound) can be selected with a lower ER Mix
gain.

The multiplier blocks and summing block 232 can there-
fore implement a convex combination of the outputs of the
loudness filter 216 and early reflections module 224, such that
more gain applied to the early reflections module 224 output
results in less gain applied to the loudness filter 216 output
and vice versa. These gains, among others described herein,
can be adjusted by a user, who may be a manufacturer or
vendor of a device incorporating the bass enhancement sys-
tem 110, field engineer, or an end user of such a device or
software. For example, another gain “C” is applied to the
output of the summing block 232. This gain forms a convex
combination with the output of the equalizer 120 (see FIG. 3),
described below.

An optional harmonics tail low pass filter (LPF) 242 is also
provided in the depicted embodiment. The harmonics tail
LPF 242 can control the amount of harmonics output by the
bass enhancer 210. The harmonics tail LPF 242 can filter out
higher order harmonics and may have a cutoff frequency that
depends on the speaker size. In one embodiment, the harmon-
ics tail LPF 242 has a cutoff frequency that is the same as or
higher than the cutoff frequency of the speakers to which the
bass enhancement system 110 is applied. In one embodiment,
a default value of this cutoff frequency can be about 3 times
the speaker size setting, or about 2-4 times the speaker size
setting. [ike many other parameters of the bass enhancement
system 100, this cutoff frequency can be user-controllable or
otherwise adjustable. Higher values of this cutoff frequency
can add more harmonics, resulting in a richer but potentially
more distorted sound. Similarly, a lower value of this cutoff
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frequency can result in a cleaner but less rich sound. The
output of the harmonics tail LPF 242 is a bass output.

Although the bass enhancer 210 is described as implement-
ing certain functionality, it should be understood that aspects
of the bass enhancer 210 can be omitted in some embodi-
ments. For example, the early reflections module 224 and
associated low pass filter 222 may be omitted, or the loudness
filter 216 may be omitted, or the harmonics tail LPF 242 may
be omitted, etc. While some loss of bass enhancement may
result, the bass enhancement derived from the remaining
components may still be beneficial. Further, it should be
noted that the early reflections module 224 and/or other com-
ponents of the bass enhancer 210 can be implemented inde-
pendent of the algorithm used to generate harmonics. The
harmonic generator 214 could, for instance, generate har-
monics using algorithms other than that described, such as by
clipping the entire signal and performing rectification, using
single sideband modulation, generation of harmonics in the
frequency domain, other techniques, or a combination of
these or other techniques. Early reflections or other aspects of
the bass enhancer 210 can be combined with such harmonics
generation techniques to produce a bass enhancement.

FIG. 3 illustrates an embodiment of an equalizer 320. The
equalizer 320 represents a more detailed embodiment of the
equalizer 120. As such, the equalizer 320 can have some or all
the functionality of the equalizer 120 described above. The
equalizer 320 can be implemented in hardware and/or soft-
ware.

The equalizer 320 receives the input audio signal described
above with respect to FIG. 1. This input audio signal is
received by a multiplier block, which multiplies the input
signal with a value 1/Temporal Gain to attempt to ensure that
sufficient headroom is available for subsequent application of
the Temporal Gain to the signal. The output of this multiplier
block is provided to an equalization filter block 312, which
can implement one or more equalization filters. These equal-
ization filters 312 can be parametric equalization filters, semi-
parametric equalization filters, or another type of equaliza-
tion filter, or simply one or more bandpass filters. The
equalization filters may generally be bandpass filters for
which control over one or more parameters is enabled, such as
control over center frequency, gain, bandwidth, and rolloff (or
slope). The equalization filter(s) 312 can emphasize the fre-
quency region near, around, greater than, and/or less than the
speaker size setting, enhancing the lowest (or approximately
lowest) reproducible frequencies of the speaker. In additionto
having its ordinary meaning, the term “lowest reproducible
frequencies,” as used herein, can also refer to frequencies
around a speaker size setting for a speaker, or frequencies in
a band above the speaker size setting, which setting is dis-
cussed elsewhere herein. For example, lowest reproducible
frequencies associated with a speaker can include frequencies
reproducible with half power or greater by the speaker, or
frequencies reproducible with -3 dB (or -6 dB) or greater
power by the speaker from a peak reproducible frequency, or
the like. Thus, the equalization filter(s) 312 can be bandpass
filters that have a center frequency that is the speaker size
setting or that is based on the speaker size setting (such as
being offset from the speaker size setting by a predefined
amount).

In addition to having a center frequency based on the
speaker size setting, the equalization filter(s) 312 can also
have a bandwidth that depends on the speaker size setting. In
general, as the speaker size increases (and can reach frequen-
cies in the vocal range), the bandwidth of the filters may be
smaller so the interference with vocals or content in the mid
range of frequencies is minimized or reduced. Thus, larger
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speakers with lower speaker size settings may have higher
relative bandwidth equalization filter(s) 312, and smaller
speakers with higher speaker size settings may have smaller
relative bandwidth equalization filter(s) 312. Additionally,
because the bandwidth of the equalization filter(s) can depend
on the speaker size setting, the Q factor of the equalization
filter(s) 312 can depend on the speaker size setting. Equaliza-
tion filter(s) 312 having center frequencies based on higher
speaker size settings can have a higher Q factor than filters(s)
312 having lower center frequencies. The higher Q factor of
the higher center filter(s) 312 can accomplish the goal of
reducing the greater impact to the vocal range that higher
center filter(s) 312 can have relative to lower center filter(s)
312. As one example, when the speaker size is set to 80 Hz, the
corresponding bandwidths can be 94 Hz and 114 Hz respec-
tively. When the speaker size is set to 250 Hz the correspond-
ing bandwidths can be 249 Hz and 383 Hz respectively.

In addition, the bandwidth and/or gain ofthe first of the two
filters applied in an embodiment (or two or more or all of the
equalization filter(s) 312) may also be controlled by the
extended bass control described above with respect to the
loudness filter 216. An increased size of the extended bass
control described above, in addition to increasing the gain of
the loudness filter 216, can also increase the bandwidth of one
or more of the equalization filter(s) 312 to emphasize more
bass and surrounding frequencies (including harmonics and/
or subharmonics). Conversely, a lower extended bass setting
can decrease the bandwidth and/or gain of one or more of the
equalization filter(s) 312.

Multiple equalization filters 312 can be applied in series or
parallel. Applying the filters in series, however, can result in a
higher-Q filter response with a highly-localized frequency
response in certain embodiments around the speaker size
setting. FIG. 22 illustrates this concept. In FIG. 22, a plot
2200 is shown that contrasts parallel application of two equal-
ization filters 312 with series application of the same filters
312. In the plot 2200, the input signal is a log sweep, repre-
sented by region 2210. If two band-pass filters are applied in
parallel and then are summed together, the resulting signal
can be represented by region 2220. Gain around the speaker
size setting is shown in this region, near normalized fre-
quency 1. This signal in region 2220 has gain not only around
the speaker size setting but also over the whole frequency
region. In order to avoid this artifact, one can scale the
summed band-pass filters if they are applied in parallel. This
scaling can result in the signal shown in region 2230, which
has significantly lower gain around the speaker size setting
than region 2220. While the gain in region 2230 can be
beneficial, a higher localized gain can be achieved by apply-
ing the two equalization filters in series, resulting in the gain
shown by region 2240. In the region 2240, the gain of the filter
is still concentrated around the speaker size setting and the
resulting gain is almost the same as in the case of the non-
scaled summation of the parallel filters (region 2220).

Turning again to FIG. 3, the output of the equalization
filter(s) 312 is provided to a subtraction block. Based on user
input in one embodiment (LP Minus Enable), this subtraction
block can optionally subtract the low-pass filtered output (see
FIG. 2) from the output of the equalization filter(s) 312.
Subtracting the low-pass filtered signal can reduce the origi-
nal low frequency content in the equalization-filtered signal,
thereby enabling the bass-enhanced low frequency content to
substitute for the original low frequency content. It may be
desirable to subtract the low-frequency content in some situ-
ations, such as when vocals dominate an audio signal. A
preset may be exposed for a user to toggle this setting (or
alternatively, apply a gain to this setting). Subsequently, the
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equalization-filtered signal can be multiplied by a user gain
setting (1-C) and combined with the bass output of FIG. 2 at
block 322. The user gain setting (1-C) represents an example
convex combination with the gain setting C applied to the
bass output signal in FIG. 2, and thereby adjusts the amount of
bass output versus equalization output is included in the out-
put signal.

FIG. 4 illustrates an embodiment of a level adjuster 430,
which is a more detailed embodiment of the level adjuster
130. The level adjuster 430 can include some or all of the
features of the level adjuster 130 described above and may be
implemented in hardware and/or software. The level adjuster
430 can compensate, at least in part, for headroom-saving
gain reductions performed by the bass enhancer 110, 210
and/or equalizer 120, 320. As such, the level adjuster 430 can
restore signal levels to prior signal levels and also provide
options for fine-tuning the gain of low and high frequency
regions of the audio signal.

The level adjuster 430 receives the sum output of FIG. 3,
which is provided to a low-level protected normalization
block 412 (the “normalization block 412”) in the depicted
embodiment. The normalization block 412 can compute how
much headroom exists in the aggregate sum signal. Based on
the remaining headroom available, the normalization block
412 can emphasize the low level of the signal by applying a
corresponding amount of gain to the signal. This gain, when
applied to the low level but not higher level of the signal, can
essentially perform dynamic range compression of the signal.
The gain parameters and other dynamic range compression
parameters applied can be user adjusted. For example, the
level threshold of the knee of the dynamic range curve, slope
of the curve, and amount of gain applied, may be user
adjusted (e.g., by an end user, manufacturer of the device
implementing the level adjuster 430, a field audio engineer
associated with a provider of the bass enhancement system, or
the like). In alternative embodiments, single band dynamic
range compression is applied, such that the normalization
block 412 increases a level of the entire signal by the same
amount of gain based on the available headroom. More gen-
erally, the normalization block 412 can apply dynamics pro-
cessing to the signal. This dynamics processing may include
any combination of compression, expansion, limiting, or the
like, and may or may not involve using a fixed ratio compres-
sion scheme.

The output of the normalization block 412 is provided to a
multiplier in the depicted embodiment, which applies a gain
value of 1/High pass gain. This gain can be applied to attempt
to ensure that sufficient headroom is available in the audio
signal for subsequent gain processing, described below. This
gain (or a portion thereof) may be restored later, assuming
that the headroom is available to do so. The output of this
multiplier is provided to a high pass shelving filter 414 in the
depicted embodiment. The high pass shelving filter 414 can
optionally be applied (with a user-adjustable gain) to boost
high frequencies so as to restore at least some balance to
higher frequencies should the low frequencies predominate
over much. The high pass shelving filter 414 may add gain but
does not remove gain in the low frequencies in one embodi-
ment. The cutoff frequency of the shelving filter 414 may
again be a function of the speaker size setting, or instead may
be a function of where the low-pass filter cutoff frequency
was set at above (if different from the speaker size setting) or
a different setting.

The output of the shelving filter 414 is supplied to a pro-
tected boost block 416 in the depicted embodiment. The
protected boost block 416 can restore the temporal gain and
high pass gain removed above by inverse multiplication in
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FIG. 3 and in the 1/High pass gain multiplier. However, the
protected boost 416 restores this gain in one embodiment
based on how much headroom is available. If enough head-
room is available, the protected boost 416 may restore most or
all of this gain, whereas if little or no headroom is available,
the protected boost 416 may reduce the amount of gain
applied. In one embodiment, the protected boost block 416
implements a look-ahead delay line to determine a certain
number of samples or blocks ahead what headroom is avail-
able. Based on the available headroom, the protected boost
block 416 can determine whether applying the temporal and/
or high pass gain will induce clipping in the audio signal. If
s0, then the protected boost block 416 can apply a reduced
gain or no gain to the signal. Otherwise, the protected boost
block 416 may apply the entire gain to the signal. The pro-
tected boost block 416 can compute one or more gains for
each block of samples (or to individual samples) in the signal.
In some embodiments, the protected boost block 416 employs
a smoothing algorithm to precomputed gains from block to
block (or sample to sample) to enable the gains to transition
smoothly (e.g., from block to block or sample to sample) to
avoid undesirable sound artifacts from rapid gain changes.

The output of the protected boost block 416 is provided to
a high pass filter (HPF) 418, which can optionally remove
some low frequency gain to protect the life of the speaker(s).
Too much gain applied to the low (or high) end of a speaker’s
reproducible frequency range can damage a speaker. Thus, to
avoid or attempt to avoid this possibility, the high pass filter
418 can reduce the gain applied and may be user selectable
should a user desire or feel that this gain reduction would be
beneficial. The high pass filter 418 can, for example, remove
or attenuate frequencies below the speaker size setting. The
speaker size setting can therefore be the cutoff frequency or
approximately the cutoff frequency of the high pass filter 418.
Further, in one embodiment, the high pass filter 418 can have
a steep rolloff characteristic by being a higher order filter,
such as a fourth order filter. The order of the filter may also be
other than fourth order (including lower or higher orders).

FIG. 6 illustrates another embodiment of a bass enhance-
ment system 600. The bass enhancement system 600 includes
many features of the bass enhancement system described
above with respect to FIGS. 1-5. For example, the bass
enhancement system includes a bass enhancer 610 and equal-
izer 620. Although the level adjuster 130 is omitted from the
bass enhancement system 600, it may be included in other
embodiments. In addition, for ease of illustration, some
aspects of the bass enhancement system 600 have been sim-
plified. For example, speaker-size dependent cutoff frequen-
cies, early reflections mix coefficients, and the like are omit-
ted. However, these and other features of the bass
enhancement system 100 may be implemented (or not imple-
mented) in the bass enhancement system 600 in various
embodiments.

Advantageously, in certain embodiments, the bass
enhancement system 600 can use fewer computing resources
than the bass enhancement system 100. These computing
resource savings can come in part because the bass enhance-
ment system combines the input signal (via signal path 602)
with the output of the bass enhancer 610 and provides this
combined output to the equalizer 620. In addition, one of the
low pass filters (the LPF 212) of the bass enhancer 210 is
omitted in the bass enhancer 610, reducing usage of comput-
ing resources. Instead, the bass enhancer 610 includes a har-
monic generator 614, harmonics tail LPF 615, and loudness
filter 616, as well as the early reflections LPF 622 and early
reflections module 624. Each of these components can have
all of the functionality described above with respect to FI1G. 2.
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In other embodiments, to further reduce computing
resource usage, the early reflections LPF 622 and early reflec-
tions module 624 may be omitted. In another embodiment,
the output of the early reflections LPF 622 can be provided to
the harmonic generator 614 instead of the input signal being
provided to the harmonic generator 614, in addition to pro-
viding this output to the early reflections module 624.

FIG. 7 illustrates an embodiment of a downmix bass
enhancement system 701. The downmix bass enhancement
system 701 can provide additional processing resource sav-
ings for multi-channel environments by applying the bass
enhancement features described above to a downmix of two
or more audio signals rather than to the individual audio
signals. In the depicted embodiment, the system 701 is shown
implementing a two-channel configuration, although the sys-
tem 701 can also be used for more than two channels (as will
be described below).

The system 701 includes a bass enhancement system 700
that can implement either the bass enhancement system 100
or 600. Left and right input signals are received by the system
701 and are provided to a combiner or summer block 702. The
output of the summer block 702 is an L+R (left plus right)
signal, which is provided to the bass enhancement system
700. The bass enhancement system 700 performs some or all
of the bass processing described above with respect to the
system 100 and/or 600 and provides an output to two summer
blocks 706. Likewise, the left and right input signals are each
supplied to respective summer blocks 706. Moreover, the left
and right input signals are each provided to a respective gain
block 704, which each supplies an output to the respective
summer block 706. In an embodiment, the output of the
summer blocks 706 is as follows:

L output=L input+(Z+R),,,o¢esseqa—0* (L input+R input)

R output=R mput+(Z+R),,oss0q~P*(L input+R input),

where (L4+R),,,; c550 15 the output of the bass enhancement
system 700 and a, f§ are the values of each of the gain blocks
704. In an embodiment, the value of a and f is 0.5. The
constants o and f§ can be the same or different in different
embodiments.

In scenarios with more than two channels, each channel
can be combined and processed as a combined signal by the
bass enhancement system 700. Alternatively, some channels
may be processed collectively while others are processed
individually ornot at all. For instance, if the inputs include 5.1
surround sound inputs (e.g., left front, center, right front, left
surround, right surround, subwoofer), then the bass enhance-
ment system 700 could enhance the combined left front and
right front signals and enhance the combined left surround
and right surround signals. Alternatively, the bass enhance-
ment system 700 could enhance each of the left front and right
front signals separately while also enhancing the combined
left and right surround signals. In yet another configuration,
the bass enhancement system 700 could enhance the com-
bined left front, center, right front, and left and right surround
signals while separately enhancing the subwoofer signal.
Many other variations are also possible.

II. Example Plots

In addition to the plots described above, FIGS. 8 through
19 illustrate additional example plots that depict sweep inputs
and outputs of the bass enhancement systems described
above. For instance, FIG. 8 depicts an example two-channel
input log sweep plot 800 in the time domain that can be
supplied to the bass enhancement system. FIG. 9 depicts an
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example two-channel output log sweep 900 in the time
domain, which corresponds to the input log sweep plot 800
after processing by the bass enhancement system. As this is an
output logarithmic sweep, the frequency changes as time
progresses and only one frequency is represented at any given
point in time. The low frequencies (e.g., around the speaker
size setting) are enhanced whereas the rest of the signal
remains unaffected or less affected. FIG. 10 depicts another
input log sweep plot 1000 but in the frequency domain, for
which a corresponding output log sweep plot 1100 in the
frequency domain is shown in FIG. 11. In the input log sweep
plot 1000 of FIG. 10, a pronounced fundamental bass fre-
quency 1010 is shown. In the output log sweep plot 1100 of
FIG. 11, harmonics 1110 of the fundamental bass frequency
1010 are shown, which have been generated by the bass
enhancement system.

FIG. 12 depicts an input two-tone log sweep plot 1200 in
the time domain, and FIG. 13 depicts the corresponding two-
tone log sweep output plot 1300 in the time domain, after
processing by the bass enhancement system. Like the plot
900, the plot 1300 shows how low frequencies are enhanced.
FIG. 14 depicts a plot 1400 of the input two-tone log sweep in
the frequency domain, showing two fundamental frequencies
1410. Harmonics 1510 of these frequencies are shown in an
output two-tone log frequency sweep plot 1500 in FIG. 15.
FIG. 16 illustrates a plot 1600 of an input chord sweep in the
time domain, with FIG. 17 depicting a plot 1700 of the cor-
responding frequency domain, showing multiple fundamen-
tals corresponding to the chord sweep. FIG. 18 depicts a plot
1800 of the time domain output of the bass enhancement
system responsive to the chord sweep of FIG. 16, with
enhanced output. FIG. 19 depicts the frequency domain out-
put plot 1900 that corresponds to the time domain output plot
1800 of FIG. 18.

FIG. 20 illustrates a plot 2000 of example gain curves that
may be implemented in the bass enhancement system 100, for
example, in any of blocks 130, 412, 416 (see, e.g., FIG. 4).
The gain curves can be tuned differently for block 412 and
416, although this need not be the case. For example, the
different gain curves may have different knees, threshold
levels, and amount of gain settings (described above with
respect to FIG. 4).

Further, it should be noted that any of the low-pass and/or
high-pass filters (or other filters described herein) can have
any filter order. For example, the order of the filters can 2nd,
3rd, 4th, or higher. The filter order can be selectable in one
embodiment to provide higher-order filtering in systems that
have the additional processing power to handle such filtering,
and lower-order filtering in more resource-constrained sys-
tems.

In addition, embodiments of the features described herein
can be implemented by, or in conjunction with, the systems
and features described in U.S. Pat. No. 6,285,767, titled
“Low-Frequency Audio Enhancement System,” the disclo-
sure of which is hereby incorporated by reference in its
entirety.

Further, for convenience, embodiments of this disclosure
describe applying various enhancements (such as gains and/
or filters) to an audio signal or input audio signal. It should be
understood that in some embodiments, subsequent to a first
component described herein applying an enhancement to an
input audio signal, a second component can then apply a gain
or filter to the enhanced input audio signal output by the first
component. For ease of description, however, this disclosure
sometimes interchangeably refers to the second component
as applying the enhancement to the input audio signal instead
of the enhanced input audio signal. It should be understood
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that much, if not all, of the processing described herein can be
implemented in a different time order than that shown and
described, and thus this description generically refers to com-
ponents applying enhancements to the input audio signal even
though those components may actually be enhancing a ver-
sion of the input audio signal that was already enhanced by
another component.

III. Example User Interfaces

As described above, a field engineer, manufacturer, or end-
user (e.g., a listener) can use a user interface to tune the bass
enhancement system in a television or other device that
implements the bass enhancement system (e.g., any of the
bass enhancement systems described herein). FIGS. 23 and
24 depict an example of such a user interface 2300, 2400. The
user interface 2400 of FIG. 24 is a continuation of the user
interface 2300 of FI1G. 23, which user interface 2400 may be
reached by scrolling down from the user interface 2300. The
user interfaces 2300, 2400 may be implemented in a browser
or in an application other than a browser. Further, the user
interface 2300, 2400 may be accessed over a network or
locally at a device being tuned using the user interfaces 2300,
2400.

The user interfaces 2300, 2400 include numerous user
interface controls 2310, 2410 that enable a user to adjust
various settings or parameters of the bass enhancement sys-
tem. Example user interface controls 2310, 2410 shown
include check boxes, slide bars, and text boxes. These con-
trols are merely examples, and other types of controls can be
used to achieve the same or similar results. Below is an
example summary of some aspects of the settings shown in
the user interfaces 2300, 2400. Many of these settings are
described in greater detail above. The ranges shown for these
settings are merely examples and can vary in other embodi-
ments.

Enable/Disable: This control is used to enable and disable
bass processing, including processing by the entire bass
enhancement system.

HP Only Enable/Disable: If this control is enabled, then a
high-pass filter only is applied to the signal. The cutoff fre-
quency (Fc) of the high-pass filter can be calculated as:
Speaker SizexHigh Pass Ratio (see below).

ELC Filter Enable/Disable: Enables the equal loudness
curve based filters applied to the harmonic path (e.g., the
loudness filter 216 or the like).

In minus LP Enable/Disable: When enabled, the unproc-
essed low-pass path is subtracted from the temporal gain path
(e.g., the equalizer 120 or 320 path) before the temporal gain
path is mixed with the harmonic path (e.g., the bass enhancer
110 path, with mixing performed by mixer 112).

Input Gain (dB): The gain of the signal before being pro-
cessed by the bass enhancement system may be altered with
this control. Because various audio sources can vary in level,
this control can allow very low signals to be raised or very
high gain signals to be reduced. The control ranges from -60
dB to 0 dB.

Output Gain (dB): Sets the output gain applied after pro-
cessing by the bass enhancement system. The Output Gain is
specified in decibels and ranges from —60 dB to 0 dB.

HP Comp Speaker Size Ratio: This control sets the high-
pass gain compensation cutoff frequency (Fc) as aratio of the
speaker size. The high-pass compensation Fc is calculated as:
HP Comp RatioxSpeaker Size. The range of this control is
[1,8].
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HP Gain: This control sets the high-pass gain of the high-
pass shelving filter 414 applied to the signal (see F1G. 4). The
range of this control is [0, 18] dB.

Speaker Size: This control sets the speaker size setting. The
range of this control is [40, 800] Hz, although other ranges
may be used as described above.

Low Pass Speaker Size Ratio: This control is used to set the
Fc of the low-pass filter applied as a ratio of the speaker size:
Fc=Low Pass Speaker Size RatioxSpeaker Size. The range of
this control is [0.5,6].

Max Gain LP Only Enable/Disable: When enabled, Max
Norm Gain is only applied to the low pass filtered signal. This
gain can be implemented by the low-level protected normal-
ization block described above and may, for example, select
the gain described above with respect to FIG. 20.

Max Norm Gain: This control sets the maximum normal-
ization gain that can be applied to the signal (either the low-
pass or the broad-band signal depending on the setting of Max
Gain LP Only Enable/Disable control). The range of this
control is [0, 30] dB. This gain can be implemented by the
low-level protected normalization block 412 described
above.

Max Norm Gain Thresh: Sets the threshold for the low-end
of'the max gain curve implemented by an embodiment of the
low-level protected normalization block 412. The range of
this control is [10, 6.0].

Max Norm Gain Knee: Sets the knee of the max gain curve
implemented by an embodiment of the low-level protected
normalization block 412. The range for this control is [0.1,
0.6].

High Pass Ratio: This control sets the speaker size ratio of
the high-pass filter applied to the signal. The Fc of the high
pass filter applied to the signal can be calculated as High Pass
RatioxSpeaker Size. The range of this control is [0.1,1].

Harmonics Clip Const: This control sets the amount of gain
applied in the harmonic generation path when generating the
harmonics as a percentage of the internally-computed avail-
able headroom. The range of this control is [1, 6].

Harmonics Gain: This control sets the amount of gain
applied to the harmonics generation path. The range of this
control is [-60, 24] dB. In an embodiment, 0 dB is full scale,
and thus any value over 0 dB may cause clipping. In another
embodiment, values below 0 dB can cause clipping, depend-
ing on the headroom in the audio signal.

Harmonics LPF Speaker Size Ratio: This control sets the
Fc of the harmonics generation low-pass filter path (e.g.,
block 212 et seq. of FIG. 2) as a ratio of the speaker size. The
Fc of the harmonics LPF can be calculated as Harmonics LPF
Speaker Size RatioxSpeaker Size. The range of this control is
[0.1, 6.0].

Path MIX Const: This control sets the mix ratio between
the harmonic generation path and the temporal gain path. The
range of this control is [0, 1]. Higher settings add more har-
monic path signal to the mix.

Temporal Gain: This control sets the temporal gain applied
to the signal. The range of this control is [0, 24] dB.

Temporal Slope: This control sets the slope of the temporal
gain filters applied to the signal. The range of this control is
[0.25,4].

Early Reflections Enable/Disable: Enables the early reflec-
tions path that is added to the low-pass path.

Tap 1 Mix: Sets the mixing coefficient of the 1st early
reflections tap.

Tap 2 Mix: Sets the mixing coefficient of the 2nd early
reflections tap.

Tap 3 Mix: Sets the mixing coefficient of the 3rd early
reflections tap.
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Early Reflections Mix: Sets the mixing ratio of the early
reflections.

Although these parameters may be set individually using
the user interfaces of FIGS. 23 and 24 (or user scripts or the
like), advantageously, in certain embodiments, it may not be
necessary to do so. Instead of requiring a user to tune numer-
ous bass parameters such as those shown on several different
types of devices, the bass enhancement system may advanta-
geously enable a user to tune one or a few parameters, and the
bass enhancement system can then tune several other param-
eters based on the user-tuned parameters. For example, the
speaker size setting described herein can be selected by a user.
Once the speaker size setting is specified, the bass enhance-
ment system can automatically set numerous other param-
eters as described herein. For example, some or all of the
following parameters can depend on the speaker size setting,
among others: the cutoff frequency (Fc) of the low pass filter
212; the early reflections mix; gain, center frequency, and/or
bandwidth of the equalization filter(s) 312; the gain and/or Fc
of the high-pass shelving filter 414; the Fc of the high pass
filter 418; and the gain of the low pass filter 242, among
possibly other components or parameters. Similarly, as
described above, the extended bass control described herein
can be user-adjusted, and the resulting extended bass control
can affect the Fc and/or gain of the loudness filter(s) 216 and
the gain, center frequency, and/or bandwidth of the equaliza-
tion filter(s) 312. Likewise, the temporal gain control
described herein can be user adjusted and then affect the gain,
center frequency, and/or bandwidth of the equalization filter
(s) 312 and the gain and Fc of the high-pass shelving filter
414.

Thus, once the user inputs a desired speaker size setting,
extended bass control, and/or temporal gain control, the bass
enhancement system can set numerous other parameters,
facilitating rapid tuning of a plurality of different devices and
enabling the bass enhancement system to productively
enhance bass on numerous different devices.

IV. Additional Embodiments

While the bass enhancement system described herein can
provide improved bass in many devices, in some devices with
very small speakers, a different benefit may be achieved. In
particular, while bass may be enhanced to a degree, one of the
benefits of the bass enhancement system is that it may gen-
erally enhance vocals by making vocals sound warmer or
richer. This benefit is not confined to devices with very small
speakers, but may also be present in devices with larger
speakers that also exhibit a more pronounced bass effect from
the bass enhancement system. The bass enhancement system
can therefore provide benefits for voice enhancement,
enabling low-bandwidth voice to sound as if more frequen-
cies are present. This benefit can stem at least in part from the
addition of harmonics and subharmonics to the vocal fre-
quency range, which can at least partially make up for missing
vocal frequencies due to limited bandwidth. Thus, the bass
enhancement system can be used as a voice enhancement in
cell phones, landline phones, conference call equipment,
answering machines, and the like.

Further, the bass enhancement system can be used for
enhancing frequency ranges other than bass or low frequen-
cies in some embodiments. For instance, the bass enhance-
ment system can be used to emphasize any subset of frequen-
cies in the audio spectrum, including vocal frequencies higher
than typical bass frequencies, treble frequencies, or the like.
The speaker size setting described herein may also be used to
perform enhancements to a high frequency range, where a
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speaker also cuts off. The bass enhancement system may also
be used to enhance music, including bass frequencies and/or
higher frequencies.

V. Terminology

Many other variations than those described herein will be
apparent from this disclosure. For example, depending on the
embodiment, certain acts, events, or functions of any of the
algorithms described herein can be performed in a different
sequence, can be added, merged, or left out all together (e.g.,
not all described acts or events are necessary for the practice
of'the algorithms). Moreover, in certain embodiments, acts or
events can be performed concurrently, e.g., through multi-
threaded processing, interrupt processing, or multiple proces-
sors or processor cores or on other parallel architectures,
rather than sequentially. In addition, different tasks or pro-
cesses can be performed by different machines and/or com-
puting systems that can function together.

The various illustrative logical blocks, modules, and algo-
rithm steps described in connection with the embodiments
disclosed herein can be implemented as electronic hardware,
computer software, or combinations of both. To clearly illus-
trate this interchangeability of hardware and software, vari-
ous illustrative components, blocks, modules, and steps have
been described above generally in terms of their functionality.
Whether such functionality is implemented as hardware or
software depends upon the particular application and design
constraints imposed on the overall system. For example, the
vehicle management system 110 or 210 can be implemented
by one or more computer systems or by a computer system
including one or more processors. The described functional-
ity can be implemented in varying ways for each particular
application, but such implementation decisions should not be
interpreted as causing a departure from the scope of the dis-
closure.

The wvarious illustrative logical blocks and modules
described in connection with the embodiments disclosed
herein can be implemented or performed by a machine, such
as a general purpose processor, a digital signal processor
(DSP), an application specific integrated circuit (ASIC), a
field programmable gate array (FPGA) or other program-
mable logic device, discrete gate or transistor logic, discrete
hardware components, or any combination thereof designed
to perform the functions described herein. A general purpose
processor can be a microprocessor, but in the alternative, the
processor can be a controller, microcontroller, or state
machine, combinations of the same, or the like. A processor
can also be implemented as a combination of computing
devices, e.g., acombination of a DSP and a microprocessor, a
plurality of microprocessors, one or more microprocessors in
conjunction with a DSP core, or any other such configuration.
A computing environment can include any type of computer
system, including, but not limited to, a computer system
based on a microprocessor, a mainframe computer, a digital
signal processor, a portable computing device, a personal
organizer, a device controller, and a computational engine
within an appliance, to name a few.

The steps of a method, process, or algorithm described in
connection with the embodiments disclosed herein can be
embodied directly in hardware, in a software module
executed by a processor, or in a combination of the two. A
software module can reside in RAM memory, flash memory,
ROM memory, EPROM memory, EEPROM memory, regis-
ters, hard disk, a removable disk, a CD-ROM, or any other
form of non-transitory computer-readable storage medium,
media, or physical computer storage known in the art. An
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exemplary storage medium can be coupled to the processor
such that the processor can read information from, and write
information to, the storage medium. In the alternative, the
storage medium can be integral to the processor. The proces-
sor and the storage medium can reside in an ASIC. The ASIC
can reside in a user terminal. In the alternative, the processor
and the storage medium can reside as discrete components in
a user terminal.

Conditional language used herein, such as, among others,
“can,” “might,” “may,” “e.g.,” and the like, unless specifically
stated otherwise, or otherwise understood within the context
as used, is generally intended to convey that certain embodi-
ments include, while other embodiments do not include, cer-
tain features, elements and/or states. Thus, such conditional
language is not generally intended to imply that features,
elements and/or states are in any way required for one or more
embodiments or that one or more embodiments necessarily
include logic for deciding, with or without author input or
prompting, whether these features, elements and/or states are
included or are to be performed in any particular embodi-
ment. The terms “comprising,” “including,” “having,” and the
like are synonymous and are used inclusively, in an open-
ended fashion, and do not exclude additional elements, fea-
tures, acts, operations, and so forth. Also, the term “or” is used
in its inclusive sense (and not in its exclusive sense) so that
when used, for example, to connect a list of elements, the term
“or” means one, some, or all of the elements in the list.

While the above detailed description has shown, described,
and pointed out novel features as applied to various embodi-
ments, it will be understood that various omissions, substitu-
tions, and changes in the form and details of the devices or
algorithms illustrated can be made without departing from the
spirit of the disclosure. As will be recognized, certain
embodiments of the inventions described herein can be
embodied within a form that does not provide all of the
features and benefits set forth herein, as some features can be
used or practiced separately from others.

What is claimed is:
1. A system for enhancing bass audio, the system compris-
ing:
a bass enhancer implemented using one or more hardware
processors, the bass enhancer comprising:

a harmonic generator module configured to generate
harmonics of one or more bass frequencies of an input
audio signal based at least in part on available head-
room in the input audio signal, and

an early reflections module configured to filter the input
audio signal with a tapped delay line having one or
more tap delays, wherein the early reflections module
is further configured to randomize one or both of the
one or more tap delays and the coefficients of the
tapped delay line;

wherein the base enhancer generates a first output signal
based at least in part upon an output signal of the
harmonic generator module and an output signal of
the early reflections module;

an equalizer configured to emphasize frequencies in the
input audio signal comprising lowest reproducible fre-
quencies of a speaker to generate a second output signal;

acombiner configured to generate a combined audio signal
based at least in part upon the first output signal and the
second output signal; and

a level adjuster configured to adaptively apply a gain to at
least a lower band of frequencies in the combined audio
signal, wherein the gain depends on available headroom
in the combined audio signal.
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2. The system of claim 1, wherein the harmonic generator
module is further configured to generate the harmonics by at
least:

determining the available headroom in the input audio

signal; and

applying a second gain to approximately half of the input

audio signal, the second gain being greater than the
available headroom in the input audio signal and thereby
generating harmonics of one or more fundamental bass
frequencies in the input audio signal.

3. The system of claim 1, wherein the bass enhancer further
comprises a loudness filter configured to emphasize the one
or more bass frequencies relative to other frequencies in the
input audio signal.

4. The system of claim 3, wherein the loudness filter
applies an inverted equal loudness curve to the input audio
signal.

5. The system of claim 1, wherein the tapped delay line is
configured to simulate reverberation reproduced by bass fre-
quencies.

6. The system of claim 1, further comprising a combiner
configured to combine output of the bass enhancer with the
input audio signal to produce a combiner output, the com-
biner further configured to provide the combiner output to the
equalizer.

7. The system of claim 1, wherein the level adjuster further
comprises a high pass shelving filter configured to restore
balance to a band of high frequencies in the input audio
signal.

8. A method for enhancing audio, the method comprising:

producing an enhanced audio signal, wherein producing

the enhanced audio signal comprises:

generating, with one or more processors, harmonics of
first frequencies of an input audio signal, and

filtering the input audio signal with a tapped delay line
having one or more tap delays and configured to simu-
late reverberation reproduced by bass frequencies,
wherein one or both of the tap delays and coefficients
of the tapped delay line over time are randomized;

emphasizing second frequencies in the input audio signal

with an equalization filter to produce an equalized audio

signal, the second frequencies corresponding with a

speaker size setting of a speaker;

combining the enhanced audio single and the equalized

audio signal to form an output audio signal; and
supplying the output audio signal to the speaker.

9. The method of claim 8, wherein the second frequencies
comprise at least some of the first frequencies.

10. The method of claim 8, wherein the second frequencies
comprise a band of frequencies around the speaker size set-
ting.

11. The method of claim 8, wherein the first frequencies
comprise bass frequencies.

12. The method of claim 8, wherein said generating the
harmonics further comprises:

determining available headroom in the input audio signal;

and

applying a gain to approximately half of the input audio

signal, the gain being greater than the available head-
room in the input audio signal and thereby generating
harmonics of one or more fundamental bass frequencies
in the input audio signal.

13. The method of claim 8, wherein the input audio signal
comprises a downmix of two or more input signals.

14. The method of claim 13, wherein the two or more input
signals comprise two or more of the following: a left front



US 9,236,842 B2

23

signal, a right front signal, a center signal, a left surround
signal, and a right surround signal.

15. Non-transitory physical electronic storage comprising
instructions stored thereon that, when executed by one or
more processors, cause the one or more processors to imple-
ment operations for enhancing bass audio, the operations
comprising:

receiving an input audio signal;

determining available headroom in the input audio signal;

and
applying a gain to approximately half of the input audio
signal to produce a partially-clipped audio signal, the
gain being greater than the available headroom in the
input audio signal, thereby generating harmonics of one
or more bass frequencies in the input audio signal;

filtering the input audio signal with a tapped delay line
having one or more tap delays and configured to simu-
late reverberation reproduced by bass frequencies to
produce a filtered audio signal, wherein one or both of
the tap delays and coefficients of the tapped delay line
over time are randomized; and

combining the partially-clipped audio signal and the fil-

tered audio signal to produce an output signal.

16. The non-transitory physical electronic storage of claim
15, wherein the operations further comprise: adding the input
audio signal to the partially-clipped audio signal to produce a
combined audio signal, and emphasizing a band of frequen-
cies in the combined audio signal, the band of frequencies
being associated with a speaker size setting.

17. The non-transitory physical electronic storage of claim
15, in combination with one or more processors.
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18. A system for enhancing bass audio, the system com-
prising:
one or more hardware processors configured to:
access a speaker size setting input by a user;
configure a plurality of bass enhancement parameters of
a bass enhancement based at least partly on the
speaker size setting;
apply the bass enhancement to a first portion of an audio
input signal using the bass enhancement parameters
to enhance bass frequencies of the audio input signal,
the bass enhancement comprising a filter configured
to filter the audio input signal with a tapped delay line
comprising a coefficient and a delay;
randomize a value of one or both of the coefficient and
the delay; and

apply the bass enhancement to a second portion of the
audio input signal based on said randomization.

19. The system of claim 18, wherein the bass enhancement
parameters comprise one or more of the following: a cutoff
frequency, a gain, and a bandwidth.

20. The system of claim 18, wherein the bass enhancement
parameters comprise a cutoff frequency of a low pass filter
configured to attenuate frequencies above the speaker size
setting.

21. The system of claim 18, wherein the bass enhancement
parameters comprise a bandwidth of an equalization filter
configured to emphasize a band of frequencies in the audio
input signal.
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